INTRODUCTION
A number of techniques have been proposed to estimate the symmetrical components of a three-phase voltage and current. In particular, techniques such as the Kalman filter [1] , [2] , the fast Fourier transform (FFT) [3] - [5] , adaptive line combiner [6] , [7] ,stochastic estimation theory [8] , and the concept of state observer [9] have been employed to estimate the instantaneous symmetrical components. Furthermore, phase-locked loop (PLL) based algorithms [10] - [14] , filtering algorithms [15] - [18] , and the decoupled double synchronous reference frame PLL (DDSRFPLL) [19] have been introduced to extract the symmetrical components in order to handle the unbalance phenomenon. For harmonic extraction there are many methods such as Discrete Fourier Transform and Fast Fourier Transform [20] , [ 21] , synchronous reference frame (dq) Theory [22] and instantaneous power (pq) theory [23] . Harmonic extraction using Fourier Transform is a useful method for specific harmonic component compensation. However Fourier Transform requires one more cycle of the voltage waveform data and corresponding time such that the delayed harmonic canceling can be occurred [24] . There are some potential problems for pq method in harmonic extraction [25] . The pq theory can determine the harmonic components under load conditions only. The dq technique which is widely used for voltage sag extraction does not respond fast or does not give accurate results to the voltage harmonics because the inaccuracy which is associated with the PLL and passive filters used in this technique [26] . In This Paper, A software program is introduced to extract the harmonics and symmetrical components by using digital filter from the power system.
II. SYMMETRICAL COMPONENTS AND HARMONICS
The method of symmetrical components is a mathematical technique that allows the engineer to solve unbalanced systems using balanced techniques. A balanced system is composed of three phasors equal in magnitude and displaced by 120 degrees from the others, and the direction of positive rotation is counterclockwise. On the other hand, in an unbalanced system, the three phasors magnitudes are not equal and the three phase angles are not necessarily 120 degrees. The basic premise of symmetrical components is that an unbalanced network of three related vectors can be resolved into three sets of vectors. Two of the sets have equal magnitude and are displaced 120 degrees apart while the third set has equal magnitude, but zero phase displacement. The three sets are known as the positive, negative, and zero sequence components of the electrical system [27] . Fig. 1 A balanced, three-phase system of phasors Fig. 2 An unbalanced, three-phase system of phasors Fig. 1 illustrates a balanced, three-phase system of phasors. Note that each of the three phasors is equal in magnitude and displaced by 120 degrees from the others. Further, the direction of positive rotation is counterclockwise. Fig. 2 , on the other hand, shows an unbalanced system where the three phasors magnitudes are not equal and the three phase angles are not necessarily 120 degrees. The phasors labeled as the Original System in Fig. 2 are typical of the currents in a three phase system with a short circuit to ground on phase A [28] . The sinusoidal shape of the voltage waveforms gets deformed due to the flow of current signals other than those at fundamental frequency, which are mostly generated by non-linear loads connected to the system. These steady-state periodic waveforms, which deform the supply signal, are termed as harmonics. Recent few years have witnessed rapid growth in harmonic voltages and currents injected into the power system due to the increased utilization of non-linear loads. In addition, devices employing high frequency switching, such as switch mode power supplies (SMPS) in televisions, computers and compact fluorescent lighting add a significant level of harmonics to the supply system. Although voltage distortion at the transmission level is typically much less than 1.0 percent, this distortion increases closer to the load point.
III. FILTERS
A digital filter is a system that performs mathematical operations on a sampled, discrete-time signal to reduce or enhance certain aspects of that signal. Discrete Fourier Transform (DFT) and Fast Fourier Transform (FFT) are usually used for calculating the harmonic content of a periodic signal. Although the FFT is fast in terms of computing speed, it needs data points sampled over one cycle of the signal to accurately calculate the harmonic components. The frequency response of a filter consists of its magnitude and phase responses. The magnitude response indicates the ratio of a filtered sine wave's output amplitude to its input amplitude. The phase response describes the phase "offset" or time delay experienced by a sine wave passing through a filter .
Since the fundamental frequency of electrical power system signals is 50 Hz or 60 Hz typically, harmonic extraction takes 20 ms or 16.67 ms, respectively. However, many applications, such as harmonic monitoring, may require extraction of a limited number of individual harmonics. For an example, in many cases only the 5th and 7th harmonics are of interest as the levels of other harmonic components are significantly low. There are mainly two categories of digital filter: the recursive filter and the non recursive filter. These are often referred to as infinite impulse response (IIR) filters and finite impulse response (FIR) filters, respectively. Time domain techniques for harmonic extraction mainly uses digital filter techniques such as Infinite Impulse Response (IIR) filters. Although, these can be used to extract individual harmonic components, the ripple and time delay inherited in these filters make them less appealing [29] . [30] .Most recursive filters have an infinite impulse response, because of the feedback of previous outputs. Practical Infinite-ImpulseResponse (IIR) filters are usually based upon analogue equivalents (Butterworth, Chebyshev, etc.), using a transformation known as the bilinear transformation which maps the s-plane poles and zeros of the analogue filter into the z-plane. However, it is quite possible to design an IIR filter without any reference to analogue designs, for example by choosing appropriate locations for the poles and zeroes on the unit circle (Remember: ( )=0 wherever there is a zero on the unit circle, i.e. complete attenuation of that frequency; on the other hand, ( ) → ∞ when there is a pole near the unit circle, i.e. high gain at that frequency).The technique of digitizing an analogue design is the most popular IIR filter design technique, since there is a large amount of theory on standard analogue filters available The bilinear z-transform is a mathematical transformation from the s-domain to the z-domain which preserves the frequency characteristics and is defined by:
(1) ; where T= sampling period Under this mapping, the entire jω axis in the s-plane is mapped onto the unit circle in the z-plane; the left-half s-plane is mapped inside the unit circle and the right-half s-plane is mapped outside the unit circle. The bilinear transformation gives a non-linear relationship between analogue frequency ω a and digital frequency ω d . Since the frequency response of a digital filter is evaluated by setting = ωT :
i.e. ω = 2 ω
2
The form of this non-linearity is shown in Fig. 4 for the case = 2 . For small values of ω d , the mapping is almost linear; for most of the frequency scale, however, the mapping is highly non-linear. Here, third harmonics is presented in the system, adding harmonics with the fundamental sine wave (balanced condition) may unbalance the system. In Fig. 7 , blue line represents phase I a , red line represents phase I b , green line represents phase I c . 
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Here, third harmonics is presented in the system, adding harmonics with the fundamental sine wave (unbalanced condition) may unbalance the system. In Fig. 8 , blue line represents phase I a , red line represents phase I b , green line represents phase I c . In Fig. 9 , blue line represents phase positive phase sequence current, red line represents phase negative phase sequence current. 
CONCLUSION
This system is capable of extracting positive, negative sequence currents and harmonics from the samples of phase currents of three phases balanced and unbalanced systems. Containing different harmonics, the software has been tested on different sampled system and a satisfactory result has been obtained. There might be few possibilities with this system such as if half cycle window were used in the filtering algorithm then the decision of the tripping time would have been reduced. Although there might have some sort of risk in giving the decision so fast; because there might have a wrong decision due to presence of transients in the sequence current.
